Abstract-The topic of this paper is the evaluation of QoS parameters in live Pre-Wimax environments. The main contribution is the validation of an analytical delay-jitter behavior model. These models can be used in optimization algorithms in order to provide opportunistic and reliable all-IP networks. It allows understanding the impact of the jitter constraints on the throughput and packet loss in wireless systems. However, we show that the real-time QoS requirements of real-time and interactive services can be avoided to a large degree by controlling only the packet delay-jitter in a fixed and mobile environment. The QoS metrics have been computed from live measurements in a Pre-Wimax realistic environment (Toulouse/Blagnac Airport).
INTRODUCTION
he popularity of interactive and real-time applications has highlighted the limitations of the Internet infrastructure. The different media types exchanged by these applications have significantly different traffic requirements in terms of bandwidth, delay, jitter and reliability, and require different demand service guarantees from the underlying communication network to offer an acceptable performance.
Wireless networks have also seen a tremendous growth in their usage and consequent demand for multimedia applications. The 2 nd Generation cellular systems like GSM, which offered circuit-switched voice services, are now evolving towards 3 rd Generation (3G) and 4 th Generation such as LTE and Pre-WiMax systems that can transmit high-speed data, video and multimedia-traffic [11] , [12] , [17] .
Although ATM has become very popular as the backbone and Backhaul of high-bandwidth networks networks because of the QoS guarantees it can offer, it has not been not been widely accepted as a substitute for the IP stacks used on the Internet. However, the telecommunications industry has been migrating from ATM to IP, ensuring that the IP network can support new services and future traffic growth, and allows users take advantage of low-cost bandwidth from telecommunications providers.
For many future applications, the delay-variation (jitter) remains one of the most important metric of quality of service, and can have a greater impact on the quality than the network latency and packet loss. Even the small amounts of delay variation or jitter introduced by the network can have a significant impact on application performance. With the evolution towards all-IP architecture [11] , [13] , [21] , operators are thinking seriously about dimensioning and optimization tools based on simple and robust delay and jitter models.
Usually, the average network delay and throughput have been used as metrics to optimize the network cost and performance in current design tools [3] [4] . This is simply due to the absence of a robust and simple formula for the jitter so that current network planning and design techniques are mostly based on average delay or loss constraints simply because they can often be easily calculated.
As a consequence, the effect of jitter on network structure and operation is not well understood. Getting some qualitative understanding of this QoS requirement will be only possible when we have a fast evaluation method for jitter. We present here a first experimental validation of the jitter model presented in [1] . We can use it to gain insight into the impact of the jitter on the network performance. In particular we focus on the impact of the jitter on the other QoS metrics such as: the throughput and the packet loss.
The objective of the paper is the benchmarking, modeling and analyzing the jitter constraint on Pre-WiMax technology for avionics applications in realistic environments. The live measurements of Pre-WiMax QoS parameters are provided under the SCA project (Communication Systems for Avionics). The innovating character of this project lies in the introduction of IP technology into the avionic domain in order to integrate aircrafts directly into the dataprocessing network of the airline company.
The system considered the SCA project is based on the use of the Internet and wireless communications, especially for Pre-WIMAX, instead of the aeronautical private network for the exchange of AOC/AAC (Aeronautical 
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Operational Control / Aeronautical Administrative Communication) messages between the avionics domain and the ground system [21] , [20] . The remaining of the paper is organized as follows. Section II provides a brief overview of Pre-WIMAX technology. The analytical relationship between traffic load, throughput, packet loss and average jitter is given in section III. In section IV, we describe the measurement platform and some live results of QoS parameters in PreWiMax environments. The last section draws some conclusions.
OVERVIEW OF PRE-WIMAX TECHNOLOGY
Pre-WIMAX technology selected for avionics applications has shown rapid progress and has been widely used to help people doing their daily activities. It has been developed to transmit different types of services data, text and video.
Fixed Broadband Wireless Access (BWA) is a promising technology which can offer high speed voice, video and data service up to the customer [19] , [17] . Due to the absence of any standard specification, earlier BWA systems were based on standard 802.11h-Hyperlan 3, which allows 1W of emitted power rather than 0.1W of WiFi. This can improve performance in many situations..
The Wireless MAN standard specifies a Medium Access Control (MAC) layer and a set of PHY layers to provide fixed and mobile Broadband Wireless Access (BWA) over a broad range of frequencies. The PreWiMAX has adopted IEEE 802.11h-Hyperlan 3 OFDM PHY layer for the equipment manufacturer due to its robust performance in multi-path transmission [14] .
The different advantages offered by Pre-WiMax technology such as: coverage, bandwidth, QoS, etc. make it a good choice for the intermediate technology between WiFi and WiMax. Thus, results provided for pre-WiMax can be extended to the broadband technologies previously cited.
PERFORMANCE AND MODELING
Delay jitter is an important QoS metric for real-time services, such as VoIP traffic and avionics applications. It can result in consecutive packet experiencing excessive delays and/or consecutive packet loss. Both events lead to a marked deterioration in the subjective quality of interactive and real-time services.
Unfortunately, this parameter is difficult to estimate due to data traffic characteristics and the transient queuing effects in the network. In this section we focus on performance behavior of delay and delay-jitter at packet level by means of an approximate analytical solution. Our aim is to provide an analytical expression for the delay-jitter in function of the traffic load, bandwidth and latency. This is done by taking into account the Poisson nature of the background traffic.
There has been much work during the 1990's on the estimation of cell delay jitter for ATM networks. Most of these results are based on queuing systems and assume that the tagged stream is originally periodic or a general renewal process (e.g., [5] 
In this paper, we adopt the IETF [22] definition of jitter. It is based on the transit delay of successive packets between the entry and the exit network nodes. Let Tj represents the delay experienced by the jth packet going through a queue. The difference of transit time between two consecutive packets of a tagged flow can be written as
which can be positive or negative. The average end-to-end delay jitter is then given by the expected absolute value of this random variable
We consider a single node with infinite buffer and a FCFS discipline. There are different streams of packets arriving to this node. Define, In [1] we have shown and validated by simulation that the end-to-end jitter of a tagged flow produced by a single node can be approximated by the following formula:
Note that this formula depends on the traffic parameters only through the bandwidth, the arrival rate, and the traffic load.
On the other hand, the relation that connects the loss probability BT, the average overall throughput XT of the resource, and the arrival rate is given in [2] (4) From equations (3) and (4) we conclude the relationship between the arrival rate, the throughput and the loss rate:
1-When the overall throughput increases then the jitter decreases. 2-When the overall throughput increases then the loss rate decreases.
3-
When the overall packet loss increases then the jitter increases.
These relationships allow understanding and explaining some phenomena, observed in live measurements, which can highly affect the end-to-end network performance. Typically, we can conclude that the jitter has a behavior opposite that of the throughput, and the same behavior as the loss rate. 
MEASUREMENT AND ANALYSIS
In this section, we present some QoS results carried on live measurements. The Pre-WIMAX technology has been tested to measure various parameters such as: jitter, throughput, and packet loss.
Measurements Platform Description
A sectorial antenna (120° aperture), was placed with the AU (Pre-WiMax Access Unit, equivalent to a WiFi Access Point) on the roof of an Airbus building near the airport tracks. A vehicle was moving on the service roads of the airport (all around the tracks), recording logs every second. An application was developed by M3System to record:
− time stamps, − position (with integrity level), − performance (Iperf) logs (bandwidth, jitter, lost packets, ...), − router logs. 
Impact of the mobility on communications
As shown in Figure 1 , the vehicle was doing round trips at a distance varying from 540 m to 1570 m. TCP and UDP bandwidths were recorded for the test vehicle (shown in Figure 2 ) moving at different speeds.
Figure 2. Measurement Platform a) Measurements for Static Point
First, we made our live measurements of the quality of service from a static point in order to define the behavior of each parameter of performance and to extract a relationship connecting these QoS parameters.
The measurements for realistic scenarios are investigated to show the impact of distance between Base Station and client station on the QoS parameters of PreWimax technology. 
b) Measurements for mobile vehicle with Constant Speed
Next, the measurements of QoS parameters are performed in mobile environment at a constant speed of 50 km/h. Figure 4 illustrates the measured jitter, throughput and packet loss in this case. As can be seen, the jitter and packet loss variations that are opposite that of the throughput. In fact, regardless of the vehicle speed a high level of jitter can be due to a marked increase in packets loss and to a low throughput level.. We conclude that the vehicle speed has an impact on the QoS parameter values but not on the relationship between these metrics. 
Figure 5. Speeds versus time
It is well known that mobility has a significant impact on the performance perceived by mobile stations. This impact is clearly shown within figure 6 and 7 when varying the mobile speed between 10 and 50 km/h. By changing the speed as shown on Figure 5 , we can observe a fluctuation of the throughput presented in Figure 6 , and the opposite fluctuation for the jitter variation in Figure 7 . This is theoretically explained through the relationships connecting jitter, packet loss and throughput. 
CONCLUSIONS
For Pre-WIMAX technology, the jitter factor impacts the performance of system and Quality of service. In fact, the jitter and packet loss presented the same behavior for static and mobile environments. The qualitative behavior of the jitter and the throughput predicted by the analytical model is confirmed by our live measurements at various speeds. The model can then be used by operator to improve the main factors of quality of service needed by airlines companies. The main application of this relationship can be a component of all-IP network optimization algorithms where the end-to-end jitter, packet loss, throughput and latency appear as a set of QoS constraints. André Girard is honorary professor at INRS-EMT and adjunct professor at Ecole Polytechnique of Montreal. His research interests all have to do with the optimization of telecommunication networks and in particular with performance evaluation, routing, dimensioning and reliability. He has made numerous theoretical and algorithmic contributions to the design of telephone, ATM and IP networks.
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